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An Analytic Techniqgudo Separat€€ochanneFM
Signals

JonHamkins Member, |IEEE

Abstract— A new technique is presentedto separatetwo cochannelFM
signals. Two candidatesolutionsfor the phasesare analytically derived,and
a sequenceof phasesolutionsis chosento match the expectedpower spec-
tral density of eachconstituentsignal. This is accomplishedwith a one-step
linear predictor and a simple two-state Viterbi algorithm. Simulations on
recordedRF data indicate impr oved separationcapability over other tech-
niguessuchasthe joint Viterbi algorithm and cross-coupledphase-locled
loop.

Index Terms—Cochannelsignal separation,cochannelinterfer ence,blind
adaptation, MMSE, FM

|. INTRODUCTION

HEN two or moresignalsusethe samefrequeng band,
they createcochannelinterference. Suchinterference
arisesfrom in airbornereceptionwheremultiple groundtrans-
mittersarevisible at therecever, andin frequeny reusein cel-
lular systemswhereit is oneof the majorfactorslimiting sys-
temcapacity[1].
Thecomple« basebandepresentationf asampledcochannel
FM signalis
r[n] = A[nje’®" + B[njel¥n. 1)
Whenno confusioncanresult,the subscriptn will be dropped.
Initially, assumethat thereis no noiseandthat A and B are
known positive quantitiesand vary slowly comparedo 6 and
@. Theseassumptionsvill be droppedlater GivenA, B andr,
accurateestimate®f 6 and@ aredesired.

Il. ANALYSIS

Onemight expectthatwith oneequationandtwo unknowns
therearetwo possiblesolutionsfor the phasesHowever, previ-
ouswork [2-8] hasnot attemptedo explicitly determinethese
solutions, relying insteadon tracking loops or other estima-
tors. In this section the phasesolutionsarederivedanalytically
FromEq. (1),

[Ir||? = ||Ael® + Bel?||> = A? + B? + 2ABcog @— 6),
andthus
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Fromr = el®(A+ Bel(®9), it follows that
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Hence,8 = arg[r(A+ Be 1(%-9)] = ag[r(A+ Bcog@— 6) —
iBsin(@— 0))]. By thesymmetryof Eq. (1), it alsoimmediately
followsthat@= arg[r (B+ Acog¢@—8) + jAsin(¢p—6))]. By let-
ting D £ (||r||?> — A?—B?)/(2AB) = cog¢— 8), thesolutionsare
givenby

0 = arg[r(A+BD+st\/1—DZ)} 3)
Qo = arg[r(B-l—AD—jsA\/l—DZ)],

wheres € {—1,+1}. The phaseshave now beendetermined
exactly asa functionof A, B, andr, to within oneof two possi-
bilities.

I1l. THE TRACKING ALGORITHM

For a singlesampler[n], thereis no reasorto preferoneso-
lution for 8[n] and[n] over the other possiblesolution. How-
ever, asequencef solutions... ,8[n—2], 8[n—1], 8[n], ..., and
<, @qn—2), gn—1], ¢n], ..., canbechoserthathastheband-
width (or spectradensity if known) expectedof the underlying
modulatedphase.

A two-statdrellisis setup. Thefirst statecorrespond s=1
in EqQ. (3), andthe secondstatecorrespond$o s= —1. These-
guenceof solutionchoiceswill betracedthroughthetrellis us-
ing aViterbi algorithm. Storedateachstateattime n arehypoth-
esizedphasesolutions(8[n], ¢{n]) determinedrom Eg. (3), as
well astheinstantaneoutequencie® [n], ¢[n]), calculatedoy
finite differencesvith phasedracedbackto timen— 1. In addi-
tion, eachstateattime n storesaprediction(8j,[n+1], fdp[n+ 1))
of theinstantaneoufequencieattimen+ 1.

Thebranchmetricfrom statei attime n— 1 to statej attime
n is the squaredlifferencebetweerthe predictedinstantaneous
frequeny 6,[n] from statei andthe hypothesizedolution®'[n]
from statej, addedto the similar squareddifferencefor ¢/[n].
The Viterbi algorithm operatesby computingthe four branch
metricsat eachtime step, storing an accumulatednetric, and
tracingbackwardsin thetrellis to find the correctsolution.

An mth order Levinson-Durbinlinear predictoris usedto
computethe one-stepnstantaneoufequeng prediction.It has
theform

éﬁo[n+1]=iaié’[n+1—i].
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A similar linear predictoris usedfor ¢[n+ 1]. The Levinson-
Durbin algorithm is the linear minimum-meansquarederror
(LMMSE) estimatorfor the instantaneoufrequencies.This is
a standardtechnique,and is closely relatedto a Kalman fil-
ter andthe EM methodfor parameterestimationfor Markov
models[9]. Thecoeficientsa; aredeterminedasfollows. Let

ri = E(@'[N®[n—i]), letv= (ry,...,rm)", andlet
ro r fm-1
r lo Fm-2
Rm= .
frm-1 fm-2 - To

Thenthe coeficientsare givenby a = R_%,v. Thereis an ef-

ficient iterative techniqueto determinethe mth order coefi-

cientsfrom the (m— 1)th order coeficients, so that comput-
ing the inverseof the large autocorrelatiormatrix is not nec-
essary[10]. An estimateof r; may be obtainedby assuming
a flat power spectrumdensityfor 6" with a sharpcutoff at B

Hz. TakingtheinverseFouriertransformgivesr; = sinq(2iBTs),

whereTs is the samplingrate. For example,if the bandwidth
is 4 kHz. and Ts = 1/132300sec.,thenfor a fourth orderlin-

ear predictor v = (0.9939960.9761150.946741,0.906506) "

anda = (3.96459—5.924813.95553, —0.995421)". If more
is known aboutthe spectralcharacteristicef €', thenthe coef-
ficientsmay be determinedrom moreaccuratelydetermined;

values.

IV. AMPLITUDE TRACKING

The analytic techniqueabove relies on known valuesof A
andB, but in a real systemthe amplitudesare not known, and
furthermore will slowly vary. A heuristicalgorithmis usedto
track thesevariations. For the purposef amplitudetracking
onecanassumehat® andg areuniformly distributedin [0, 2m).
Consequently(® — @) mod2mtis alsouniformin [0, 2r).

One simple heuristic for amplitudetracking is to compute
the maximumand minimum valuesof ||r[i]|| overi =1,...,n,
wherenis chosersuchthatA[i] andBJi] donotvaryappreciably
Assumingwithout loss of generalitythat A > B, the minimum
[|r[i]]| will becloseto A— B andthe maximumwill be closeto
A+ B, from which estimate®f A andB canbedeterminedUn-
fortunately it turnsoutthatthis heuristicdoesnot performwell
in the presencef noise.

A betterperformingheuristicis obtainedby usingthe median
M of [[r[3]|%,. .., ||Ir[n]||%. Define
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z & = [Iri]I1%. (6)
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Sincethe expectedvalueof ||r||? is givenby

E[|Ir]|?] = E[A%?+ 2ABcog0 — @) + B = A2+ B?

it follows thatX ~ A? + B2 for reasonablyargen. Conditioning
on the eventcog8 — @) > 0, it follows that (6 — @) mod2@is
uniformin [0,71/2) U [311/2, 21T) Therefore,

E[lIr[|*| cog6—¢) > 0]
= E[A%+ 2ABcog0 — ¢) + B?| cog8— @) > 0]

/2
=A%+ B+ 2ABE [/ (1/m) cosada
0
21
+ (1/m cosada]

3my/2

=A%+ B+ 4AB/TT
Similarly,

E[||r||?| cog8— ) < 0] = A> 4+ B> — 4AB/TL

Thus,Y ~ A2+ B?+4AB/Tt, andsimilarly Z ~ A2+ B? — 4AB/TL

i
(\/x+ g(Y—X)+ \/x+ g(Z—X)) )

<\/x+ g(Y—X) - \/x+ g(Z—X)) . ®

thenA = A andB = B. Usingonly the normsof r over a setof
samplesA andB canbeestimatedairly accurately
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V. NOISE

WhennoiseN|[n] is addedin the right-handside of Eq. (1),
the solutionin Eq.s(3), (7), and(8) is no longeraccurate.In
particular sincethe noiseN|[n] is unknowvn, cog@—8) = (||r —
N||> — A? — B?)/(2AB) is alsounknaovn. For small levels of
noise,D maybedefinedasin Sectionll asanapproximatiorfor
cog 8 — ). Or, thefollowing correctioncanbeappliedto obtain
aslightly improved,unbiasecdestimate:

D 2 (|Ir[|?— 0* — A*~ B?) /(2AB) ~ coq¢—6),

wherea? = E[||N||?]. Similarly, Eq.s(7) and(8) may be bias-
correctedwith

A £ %(\/X+g(Y—X)—02+\/X+g(Z—X)—02>
%<\/X+2(Y—X)—02—\/X+T—ZT(Z—X)—02).

VI. PERFORMANCE

(oo}
(>

Two typesof datawereusedin thesimulations.Thefirst type
consistedf software generatedignals,in which voice signals
were FM modulated,adjustedin power, and addedto form a
simulatedcochanneFM signal. This representsa completely
noiselessscenario. The secondtype of simulationwas con-
ductedon signalsrecordeddirectly from UHF narrovbandFM
radios.

Both typesof signalswere processean a Pentium166 run-
ning the separatioralgorithm offline. Parameterausedin the
programincludedthe samplingrate, decodingdelay order of
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TABLE |
COMPARISON OF COCHANNEL SEPARATION METHODS ON SIMULATED
DATA.

Freq. | SIR | Cross-coupled  Joint Analytical
Dev. | (dB) PLL Viterbi | Technique
(kHz) (MSE) (MSE)
12 6 0.06/0.48 | 0.09/0.45| 0.00/0.00
12 1 1.28/0.75 | 0.59/0.66| 0.00/0.00
8 6 0.09/0.87 | 0.16/0.96| 0.00/0.00
8 1 1.32/0.79 | 0.71/0.97| 0.00/0.00
12 30 —I— —I— 0.00/0.00

the Levinson-Durbinlinear predictor and the modulatingsig-
nal bandwidthsof the cochannebignals. The programreadin
the parametersgomputedhelinear predictorcoeficientsfrom
the samplingrate and bandwidths,and then beganthe Viterbi
algorithmasdescribedn the previoussection.

There were five test casesfor the simulateddata set. In
eachcasethe the first signal is a male voice and the second
signal is a female voice. In all cases,the samplingrate is
132300Hz., (to matchwith previouswork for the joint Viterbi
[7] andcross-coupleghase-lockdloop [8]), the SNRIis infin-
ity, a fifth orderlinear predictoris usedunderthe assumption
of flat 4 kHz. bandwidthmodulatingsignals, and the decod-
ing delayis 1. The SIR and frequeng deviations were var-
ied. Tablel givesthe normalizedmean-squareeérror (MSE)
betweenthe true and estimatednstantaneougrequenciesi.e.,
Ta(®[n) = ©[n)?/ 5,8 and 34 (@[] — ¢n)?/ Ta@N)%,
andcomparest to thecross-coupleghase-lockdloop andthe
joint Viterbi algorithm.In all casesboththe dominantandsub-
dominantsignalswereseparategerfectly to within thefloating
point precisionof the computer(normalizedMSE of 10-2° or
less),i.e., the correctbranchof the trellis was chosenat every
step. In addition,the one-stedinear predictoritself is very ac-
curate;jn every casetheaveragdifferencebetweerthelinearly
predictedphaseandthe phasegiven by the chosenstateis 1.5
degreesor less.Furthermoretheamplitudeestimationis nearly
perfectaswell, sincethesignalsarenoiseless.

Eachtestcasen therecordedRF datasetconsistof afemale
dominantvoiceandamalesubdominantoice. Here thesample
rateis reducedto 40kHz. Addedimpairmentsincludednoise
(SNR = 10-50dB), Doppler offset (OHz or 1000Hz),and SIR
(6dB, 10dB, or 20dB). The SNR is definedasthe ratio of the
dominant signalenegy to the noiseeneny.

Fig. 1 shavs the normalizedmean-squareérror of the in-
stantaneoufrequeng tracking. As a rule of thumb,an MSE
lessthan 1.0 correspondgo an intelligible output. As canbe
seen,the dominantsignal was extractedwith excellentquality
throughouthe SNRrangefrom 10-50dB,andthe subdominant
signalwasintelligible whenever the SNR was higherthanthe
SIR by at least20dB. The algorithm demonstratesobustness
againstvarying SIR’s, and also againstvarying amplitudes—
therecordedsignalsvariedin amplitudeby about2 dB overthe
length of the sample. Whenthe amplitudesare assumedo be
known, Fig. 1 indicatesthat the performancedoesnot flatten

outasquickly in the high SNR region. A final testin which a
Doppleroffsetof 1kHzwasaddedo thesubdominansignaldid
not appreciablyalter the phase-trackingperformanceshowvn in
Fig. 1.

Fig. 2 shavs the normalizedmean-squaredrror of the am-
plitude tracking using the analytic algorithm when a win-

dow length of 5000 samplesis used, i.e., T/=N~4999A[i] —
Ali))2/ 5120~ 49%9Ali]2 andy (2 B[i] - Bli) 2/ 5120 8]
As SIR increasesthe dominantsignal amplitudeis easierto
track (becaus®f lessinterference)andthe subdominansignal
itself is harderto track (becausef its lower power).
Theseresultsare in stark contrastto the joint Viterbi algo-
rithm andcross-coupleghase-lockdloop, whichwerenotable
to separateéhe recordedfield datareliably in ary SNR or SIR
regionin Fig. 1. For example,whenthejoint Viterbi algorithm
wasusedwith SIR=6dBand SNR=w, theresultingphaseMSE
was 0.34for the dominantand 1.66 for the subdominant.The
cross-coupleghase-lockdloop hadsimilar performance.

VIlI. CONCLUSIONS

Thisnew analytictechniqués capableof excellentseparation
in alow noiseervironment. This hasbeenverified by testsof
both simulatedandfield data. An extensionto M > 2 signals
is straightforvard, with the useof a trellis with 21— states.It
appearshatin orderto successfulljdemodulatea subdominant
signal, abouta 20dB power separatiormust exist betweenthe
subdominansignal and the noise. Furtherrefinementsof the
algorithmmaymake it moreresistanto noise.

Acknowledgement: The authorthanksan anorymousre-
viewer for pointing out the needfor AWGN biascorrections.
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Fig. 1. Instantaneoufrequeng trackingperformancef the analyticcochannel
separatiortechnique.The lower setof curvesarefor the dominantsignal;
theupperset,for the subdominansignal.
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Fig. 2. Amplitude tracking performanceof the analytic cochanneleparation
technique.



